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METHOD AND SYSTEM FOR FLOW 
CONTROL FOR ROUTE SWITCHING 

TECHNICAL FIELD OF THE INVENTION 

The present invention relates to retransmissions in a 
communications system, and more especially it relates to a 
cellular mobile radio system, particularly to a Universal 
Mobile Telecommunications System, UMTS or WCDMA 
system. 

BACKGROUND AND DESCRIPTION OF 
RELATED ART 

Retransmission of data to or from a mobile station, MS, 
or user equipment, UE, is previously knoWn. It is also 
knoWn to use medium access control and radio link control 
layers of a UMTS protocol structure in acknowledged mode 
for dedicated, common and shared channels. 

In acknowledged mode, retransmissions are undertaken in 
case of detected transmission errors not recovered by for 
Ward error control. This is also called automatic repeat 
request, ARQ. With ARQ, retransmissions can be under 
taken unless a transmitted message is (positively) acknoWl 
edged or if it is negatively acknoWledged. Generally there 
are time limits for the respective positive and negative 
acknoWledgements to be considered. 

Within this patent application, a radio netWork controller, 
RNC, is understood as a netWork element including a radio 
resource controller. Node B is a logical node responsible for 
radio transmission/reception in one or more cells to/from a 
User Equipment. A base station, BS, is a physical entity 
representing Node B. 

With reference to FIG. 1, base stations >>BS 1<< and 
>>BS 2<< are physical entities representing Nodes B 
>>Node B 1<< and >>Node B 2<< respectively. Node B 1 
and Node B 2 terminate the air interface, called Uu interface 
Within UMTS, betWeen UE and respective Node B toWards 
the radio netWork controller RNC. In UMTS the interface 
betWeen a Node B and an RNC is called Iub interface. 

Medium access control, MAC, and radio link control, 
RLC, is used Within radio communications systems like 
General Packet Radio Services, GPRS, and UMTS. 

International Patent Application WO0021244 describes 
?oW control operating in WT space, based upon measure 
ments of number of packets (WindoW, W) and round-trip 
time (time, T) for avoiding system underload/overload by 
adjusting packet sending rate. A terminal measures WindoW 
siZe, round-trip time and packet losses for determining of its 
sending rate. Alternatively, the terminal is provided With 
explicit indicators of congestion status or sending rate from 
netWork nodes. 

Canadian Patent Application CA02308937 discloses a 
method and apparatus for interconnection of ?oW-controlled 
communications. FloW control is performed by including 
status information in upstream direction of a bi-directional 
communication link revealing availability status of the chan 
nel in doWnstream direction. A scheduler selects channels 
for doWnstream data depending on their availability status. 

International Patent Application WO0041365 demon 
strates a method and system for credit-based data How 
control Where a receiver establishes a credit list and transfers 
a credit message to the sender. When the sender transfers 
data packets to the receiver, the credit outstanding is 
reduced. The sender transfers packets only as long as its 
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2 
credit is not consumed. With no credit available, the sender 
refrains from transmitting packets to the receiver until it 
achieves neW credits. 

US. Pat. No. 5,831,985 describes a method and system 
for How control of communications over a ?ber channel. A 
sWitch allocates connection line capacity to data sources in 
relation to their priority and credit available to the source. 

3rd Generation Partnership Project (3GPP): Technical 
Speci?cation Group Radio Access NetWork, UTRAN Over 
all Description, 3G TS 25.401 v3.6.0, France, March 2001, 
speci?es in section 11.1 a general protocol model for 
UTRAN interfaces. In subsection 11.2.5 a model of a DSCH 

(DoWnlink Shared Channel) transport channel for co-inci 
dent and separate controlling and serving RNCs respec 
tively. A DSCH is a doWnlink channel shared dynamically 
betWeen UEs. It carries dedicated control or traf?c data. 

3rd Generation Partnership Project (3GPP): Technical 
Speci?cation Group Radio Access NetWork, Radio Interface 
Protocol Architecture, 3G TS 25.301 v3.6.0, France, Sep 
tember 2000, describes in paragraph 5.6.5.3 a model of a 
DSCH, an RACH/FACH and a DCH in UTRAN. 

FIG. 2 displays a simpli?ed UMTS layers 1 and 2 
protocol structure for a Uu Stratum, UuS, or Radio Stratum, 
betWeen a user equipment UE and a Universal Terrestrial 
Radio Access NetWork, UTRAN. The radio interface 
includes three protocol layers: 

physical layer L1, 
data link layer L2 and 
netWork layer L3. 
TWo of the protocol layers (L1 and L2) are included in 

FIG. 2. The data link layer is split into four sub-layers: 
PDCP (Packet Data Convergence Protocol), BMC (Broad 
cast/Multicast Control), RLC (Radio Link Control) and 
MAC (Medium Access Control). 

Radio Access Bearers, RABs, are associated With the 
application for transportation of services betWeen core net 
Work, CN, and user equipment, UE, through a radio access 
netWork. Each RAB is associated With quality attributes 
such as service class, guaranteed bit rate, transfer delay, 
residual BER (Bit Error Rate), and traf?c handling priority. 
An RAB may be assigned one or more Radio Bearers, RBs, 
being responsible for the transportation betWeen UTRAN 
and UE. For each mobile station there may be one or several 
RBs representing a radio link comprising one or more 
channels betWeen UE and UTRAN. Data ?oWs (in the form 
of segments) of the RBs are passed to respective Radio Link 
Control, RLC, entities Which amongst other tasks buffer the 
received data segments. There is one RLC entity for each 
RB. In the RLC layer, RBs are mapped onto respective 
logical channels. A Medium Access Control, MAC, entity 
receives data transmitted in the logical channels and further 
maps logical channels onto a set of transport channels. In 
accordance With subsection 5.3.1.2 of the 3GPP technical 
speci?cation, MAC should support service multiplexing eg 
for RLC services to be mapped on the same transport 
channel. In this case identi?cation of multiplexing is con 
tained in the MAC protocol control information. 

Transport channels are ?nally mapped to a single physical 
channel Which has a total bandWidth allocated to it by the 
netWork. In frequency division duplex mode, a physical 
channel is de?ned by code, frequency and, in the uplink, 
relative phase (I/ Q). In time division duplex mode a physical 
channel is de?ned by code, frequency, and time-slot. The 
DSCH, e. g., is mapped onto one or several physical channels 
such that a speci?ed part of the doWnlink resources is 
employed. As further described in subsection 5.2.2 of the 
3GPP technical speci?cation the L1 layer is responsible for 
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error detection on transport channels and indication to 
higher layer, FEC (Forward Error Correction) encoding/ 
decoding and interleaving/deinterleaving of transport chan 
nels. 

Packet Data Convergence Protocol, PDCP, provides map 
ping between Network PDUs (Protocol Data Units) of a 
network protocol, eg the Internet protocol, to an RLC 
entity. PDCP compresses and decompresses redundant Net 
work PDU control information (header compression and 
decompression). 

For transmissions on point-to-multipoint logical channels, 
Broadcast/Multicast Control, BMC, stores at UTRAN-side 
Broadcast Messages received from an RNC, calculates the 
required transmission rate and requests for the appropriate 
channel resources. It receives scheduling information from 
the RNC, and generates schedule messages. For transmis 
sion, the messages are mapped on a point-to-multipoint 
logical channel. At the UE side, BMC evaluates the schedule 
messages and deliver Broadcast Messages to upper layer in 
the UE. 
3G TS 25.301 also describes protocol termination, i.e. in 

which node of the UTRAN the radio interface protocols are 
terminated, or equivalently, where within UTRAN the 
respective protocol services are accessible. 

FIG. 3 illustrates a DSCH and FACH protocol model in 
accordance with 3GPP TS 25.301. The ?gure illustrates 
schematically two respective RNC entities of a Serving 
RNC and a Controlling RNC. As already mentioned, the 
Serving RNC and Controlling RNC can be separate or 
co-incident. In case of separate RNCs they communicate 
over an Iur interface, otherwise they communicate locally. 
An RNC comprises an RLC entity including an L2/RLC 
protocol layer >>L2/RLC<< at UTRAN side in FIG. 2. In 
FIG. 3, RLC entities >>RLC S<< and >>RLC C<< are 
entities of the Serving RNC and Controlling RNC respec 
tively. In the ?gure there are two MAC-entities >>MAC 
d<<, >>MAC-c/-sh<< illustrated routing dedicated channels 
over common or shared channels. MAC-d resides in the 
Serving RNC and MAC-c/-sh in the Controlling RNC. The 
routing comprises buffering of data in the MAC-entities 
>>MAC-d<< and >>MAC-c/-sh<<, to accommodate for the 
unsynchroniZed data ?ows into and out of MAC-d and 
MAC-c/-sh. The two MAC-entities are responsible for the 
L2/MAC protocol layer functionality at UTRAN side 
according to FIG. 2. The simpli?ed protocol model in FIG. 
3 is illustrated for a DSCH (Downlink Shared Channel), 
being a shared transport channel, and an FACH (Forward 
Link Access Channel), being an example of a common 
transport channel, from Node B to a user equipment, UE. 
Within UMTS the interface between Node B and UE is 
called Uu. 

3rd Generation Partnership Project (3GPP): Technical 
Speci?cation Group Radio Access Network, RLC Protocol 
Speci?cation, 3G TS 25.322 v3.5.0, France, December 
2000, speci?es the RLC protocol. The RLC layer provides 
three services to the higher layers: 

transparent data transfer service, 
unacknowledged data transfer service, and 
acknowledged data transfer service. 
In subsection 4.2.1.3 an acknowledged mode entity, AM 

entity, is described (see FIG. 4.4 of the 3GPP Technical 
Speci?cation). In acknowledged mode automatic repeat 
request, ARQ, is used. The RLC sub-layer provides ARQ 
functionality closely coupled with the radio transmission 
technique used. 

Higher layer applications can be, e.g., applications on the 
Internet. Most applications on the Internet use protocols, 
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4 
such as TCP (Transport Control Protocol), that controls the 
transmission rate, based on link quality in terms of packet 
loss and delay characteristics. Consequently, besides the 
negative effect of retransmission delays as such on perceived 
quality, substantial queuing delay can also lead to secondary 
effects further reducing quality of service. 
None of the cited documents above discloses a method 

and system of eliminating or reducing retransmissions due to 
route switching data losses, or ?ow control for route switch 
ing eliminating or reducing buffering, particularly inside of 
an ARQ loop. 

SUMMARY OF THE INVENTION 

Cited prior art references describe ?ow-control within 
packet data networks or retransmissions between a UE and 
an RNC. 

In a system according to prior art, buffering of data causes 
round-trip time latency. Ie the time for a user or user 
application to perceive a response to transmitted data or 
undertaken action from the receiving end is not immediate. 
Further buffering causes delay of (one-way) data destined 
for a user equipment. 

For high-speed data transmissions over a shared channel 
according to the invention, additional multiple retransmis 
sion loops can be used to reduce loop-delay due to smaller 
round-trip delays of inner loops. Introduced buffering for 
such multiple (or inner) retransmission loops enhances the 
importance of this invention. 

Further, when switching data packets into a new route, 
such as at channel type switching, handover or radio cell 
update, collectively referred to as route switching, there is a 
risk of loosing data transmitted to bulfers of the old route. 
Such route switching is frequent particularly in high-speed 
mobile communications network, where the user equipment 
is moved between radio cells during transmission. One 
solution could be to transfer all data related to a connection 
from the buffers of the old route to bulfers of the new route. 
However, this would require processing and signaling intro 
ducing additional time delay. A preferred solution according 
to the invention is to distribute a balanced amount of data to 
the various bulfers such that upon route switching the data 
of the old bulfers can be discarded, and to recover data by 
an existing retransmission protocol, retransmitting the data 
to bulfers of a new route, resulting in a need to retransmit 
only small amounts of data due to route switching. Thereby, 
system load, delay and latency will not increase severely. 
This can be achieved by distributing a thoroughly deter 
mined amount of data to the buffers, in accordance with the 
invention. 

Consequently, it is an object of this invention to eliminate 
or reduce delay and latency in a communications network 
using ARQ for error-prone transmission channels, such as a 
radio channel in a wireless communications network using 
high-speed downlink packet access. 

It is also an object of this invention to eliminate or reduce 
delay and latency in a communications network using mul 
tiple or nested retransmission loops. 
A related object is to reduce delay and latency volatility 

or variance. 

A further object is to reduce or eliminate packet and data 
losses and the impact of retransmissions due to such losses 
on system load. 

It is also an object to predict a sender need for future 
channel data rate. 
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Finally, it is an object to provide a method and apparatus 
for ef?cient route switching, particularly in a system using 
ARQ. 

These objects are met by the invention, Which is particu 
larly Well suited for a high-speed doWnlink packet access 
channel of an evolved universal mobile telecommunications 
system. 

Preferred embodiments of the invention, by Way of 
examples, are described With reference to the accompanying 
draWings beloW. 

BRIEF DESCRIPTION OF THE DRAWINGS 

FIG. 1 shoWs communication, according to the invention, 
betWeen a UE and a base station involved in a connection 
betWeen an RNC and the UE. 

FIG. 2 displays a layered protocol structure, according to 
prior art, in a radio communications system. 

FIG. 3 illustrates a DSCH protocol model, according to 
prior art, in a WCDMA system. 

FIG. 4 shoWs a simpli?ed protocol model for a high-speed 
doWnlink packet access channel according to the invention. 

FIG. 5 displays a layered protocol structure, according to 
the invention, in a radio communication system. 

FIG. 6 illustrates a radio communications system using 
ARQ over the radio interface terminated in Node B and How 
control for route sWitching according to the invention. 

FIG. 7 illustrates a radio communications system using 
ARQ over the radio interface terminated in RNC and How 
control for route sWitching according to the invention. 

FIG. 8 shoWs a ?rst embodiment of a sending end and a 
receiving end of a loop comprising ?oW control for route 
sWitching according to the invention. 

FIG. 9 shoWs a second embodiment of a sending end and 
a receiving end of a loop comprising ?oW control for route 
sWitching according to the invention. 

FIG. 10 shoWs a third embodiment of a sending end and 
a receiving end of a loop comprising ?oW control for route 
sWitching according to the invention. 

FIG. 11 shoWs tWo alternative routes from a sending end 
according to the ?rst embodiment of the invention, the 
respective routes comprising different receiving ends and 
loops comprising ?oW control for route sWitching according 
to the invention. 

FIG. 12 shoWs tWo alternative routes from a sending end 
according to the second embodiment of the invention, the 
respective routes comprising different receiving ends and 
loops comprising ?oW control for route sWitching according 
to the invention. 

FIG. 13 illustrates predictive ?oW control according to the 
invention. 

DESCRIPTION OF PREFERRED 
EMBODIMENTS 

As a user moves With his user equipment aWay from a 
base station >>BS 1<< toWards another base station >>BS 
2<< in FIG. 1, the connection betWeen UE and RNC is likely 
to be rerouted from being over a ?rst Node B >>Node B 1<< 
to being over a second Node B >>Node B 2<< or over both 
>>Node B 1<< and >>Node B 2<< using soft handover. In 
FIG. 1, the base stations are connected to the same radio 
netWork controller RNC. HoWever, the invention also covers 
the exemplary situation Where the base stations are con 
nected to different RNCs. Depending on to Which RNC the 
various Nodes B are associated, a need for change of 
Controlling RNC can arise as the user moves. 
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6 
In an evolved WCDMA system, a high-speed doWnlink 

packet access channel, HSDPA channel, is a channel With 
similarities to a DSCH. HoWever, it is based on a novel 
transport channel type. In the sequel, this is referred to as a 
High-Speed DoWnlink Shared CHannel, HS-DSCH. An 
HS-DSCH supports many neW features not supported by 
DSCH, but also inherits some of the characteristics of a 
DSCH. There are several important features of an HS 
DSCH. A sample of features is: 

High data rates With peak data rates up to tens of Mbit/s. 
Data is transmitted to multiple users on a shared channel 

by means of time-division multiplex, TDM, or code 
division multiplex, CDM. 

Higher-order modulation. 
Modulation adaptive to radio channel conditions. 
Fast retransmission With soft combining of re-transmitted 

data at UE, also referred to as Fast Hybrid ARQ or Fast 

HARQ. 
LoW air-interface delay, With maximum round-trip delay 
doWn to some ten milliseconds. 

It is preferred that the Fast Hybrid ARQ over the air 
interface is terminated in Node B. This Will require some 
buffering in Node B. 
One reason for terminating the Fast Hybrid ARQ in Node 

B, as opposed to eg RNC, is the reduction of roundtrip 
delay as compared to terminating it in RNC. Another reason 
is that Node B is capable of using soft combining of multiply 
transmitted data packets, Whereas RNC generally only 
receives hard-quantized bits. HoWever, the termination of 
the Fast HybridARQ in Node B brings forWard further focus 
on and need for ef?cient ?oW control for route sWitching and 
related problems, solved by this invention. 

FIG. 4 shoWs a simpli?ed protocol model for a high-speed 
doWnlink packet access, HSDPA, channel according to the 
invention. MAC-hs is the MAC entity responsible for 
HSDPA communications over a high-speed DSCH transport 
channel >>HS-DSCH<<. Preferably the entity is located in 
Node B. It comprises means for How control betWeen 
MAC-d and MAC-hs and preferably also means for hybrid 
ARQ over the radio interface. MAC-d comprises corre 
sponding ?oW control means for communication With 
MAC-hs. As already mentioned, the MAC-entities >>MAC 
d<< and >>MAC-hs<< preferably reside in different net 
Work elements. According to UMTS speci?cations, the 
MAC-d entity resides in Serving RNC. 

FIG. 5 shoWs a preferred layered protocol structure, a 
protocol stack, including an L2/MAC-HSDPA protocol 
layer. The L2/MAC layer of FIG. 2 has been extended and 
divided into tWo sub-layers, an L2/MAC sub-layer and a 
MAC-HSDPA sub-layer. Essentially the L2/MAC sub-layer 
corresponds to the prior art L2/MAC sub-layer of FIG. 2. 
The MAC-HSDPA plus the MAC layer could be regarded as 
one single MAC layer extended to also include ARQ func 
tionality. HoWever, for reasons of explanation they are 
preferably regarded as separate sub-layers. Further, on the 
netWork side, considering them as separate protocol sub 
layers physically better corresponds to the physical entities 
Where they reside. The inclusion of ARQ functionality, 
preferably hybrid ARQ functionality, introduces additional 
buffering in Node B 1, see FIGS. 4 and 6. Data packets not 
yet acknowledged are stored in Node B 1 and data packets 
in error are stored in UE to be combined With retransmis 
sions. I.e., in addition to the sender-receiver relationship, 
described in relation to FIG. 3 and explained further in 
relation to FIG. 7, betWeen the MAC-layers in RNC, there 
is a corresponding sender-receiver relationship betWeen 
RNC and Node B MAC layers, and betWeen Node B 1 and 
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UE ARQ buffers >>ARQ Nu<<, >>ARQ nU<<, the cascad 
ing further comprised by an ARQ sender-receiver relation 
ship between RNC and UE >>ARQ Ru<<, >>ARQ rU<<. 
As illustrated in FIGS. 5 and 6, on the UTRAN-side (or 
network side) L2/MAC sub-layer, >>L2/MAC<<, >>MAC 
d<<, >>MAC-c/-sh<< is preferably located in >>RNC<<, 
Whereas L2/MAC-HSDPA sub-layer >>L2/MAC-HS 
DPA<<, >>MAC-hs<< is located in Node B, >>Node B<<, 
>>Node B 1<<. In FIG. 6, the RNC is illustrated for 
co-incident Serving RNC and Controlling RNC. This does 
not exclude separate Serving and Controlling RNCs, Which 
Will be further explained in relation to FIG. 7. With reference 
to FIG. 6, the L2/MAC-HSDPA sub-layer >>MAC-hs<<, 
>>MAC<< and the ARQ protocol >>ARQ Nu<<, >>ARQ 
nU<< can be co-incident or separate. As the hybrid ARQ 
protocol combines successively received retransmissions it 
is a great advantage to have this protocol close to the 
physical layer and, particularly, terminated in Node B 
>>Node B 1<<. Among the advantages achieved thereby, 
e.g., the round-trip delay is reduced as compared to a 
location in RNC. Within this patent application the protocol 
layers, except for L2/MAC and L2/MAC-HSDPA as just 
explained, correspond to those of FIG. 2. 

FIG. 7 illustrates a communications system With ARQ 
functionality located to RNC. The ?gure represents alterna 
tives for the MAC-protocol in RNC. The MAC protocol can 
also include a MAC-hs protocol as described in relation to 
FIG. 6, not indicated in FIG. 7 to simplify reading. HoWever, 
location of MAC-hs to Node B is preferred. FIG. 7, e.g., 
represents a realiZation of the protocol model of FIG. 3. 
>>SRNC<< interconnects UE to a Core NetWork, not illus 
trated. >>UE<< is connected to >>SRNC<< over >>Node B 
2<< and >>CRNC 2/DRNC<<. According to FIG. 7 
>>SRNC<< is not controlling the Node B>>Node B 2<<. 
(For illustration, >>SRNC<< controls >>Node B 1<<.) 
>>Node B 2<< is controlled by Controlling RNC >>CRNC 
2<<, acting as a Drift RNC >>DRNC<< in this examplary 
illustration. The Drift RNC supports the Serving RNC When 
a UE needs to use cells/Nodes B controlled by an RNC 
different from the SRNC. The RNCs are interconnected over 
an Iur interface. As explained above in relation to FIG. 3, 
routing of dedicated channels over common or shared chan 
nels comprises buffering of data betWeen Serving RNC and 
Controlling RNC. In FIG. 7, the buffering occurs in buffers 
>>Bulfer Sd<< and >>Bulfer sD<< for the sender-receiver 
relationship betWeen SRNC and DRNC. The latency of the 
loop involving the buffers >>Bulfer Sd<< and >>Bulfer 
sD<< Will be substantial if the distance betWeen Serving 
RNC and Controlling RNC is large. In FIG. 7, there is 
further buffering >>ARQ Su<< in >>SRNC<< associated 
With the ARQ-protocol in the sender-receiver relationship 
betWeen >>SRNC<< and >>UE<<. >>UE<< includes cor 
responding ARQ buffering >>ARQ Su<<. 

FIG. 7 alone illustrates nested sender-receiver relation 
ships by means of buffers >>ARQ Su<</>>ARQ sU<< and 
buffers >>Bulfer Sd<</>>Bulfer sD<<. The buffers >>ARQ 
Nu<<, >>ARQ nU<< described in relation to FIG. 6 further 
increases the number of buffers When added to those of FIG. 
7 and illustrates the importance of ef?cient ?oW control for 
route sWitching and need for a system that need not keep 
track of and forWard individual data packets of each buffer 
at route sWitching. 
When cascading multiple retransmission loops, buffering 

of inner loops affects round-trip time of outer loops. Retrans 
mission times generally need to be set to higher values to 
avoid unnecessary retransmissions and Will eventually lead 
to greater round-trip times. Greater round-trip times of outer 
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8 
loops increases the latency of the communications link and 
decreases link performance, since lost packets Will not be 
retransmitted until the round-trip time has passed. If round 
trip time of an inner retransmission loop varies substantially, 
it further introduces difficulties to determine appropriate 
timer-settings of outer loops, that should not time out before 
the round-trip time has passed and selection of appropriate 
quality level of delay sensitive protocols such as streaming 
protocols. Generally, the retransmission timer should be set 
to the largest round-trip time. Particularly, for ef?cient RLC 
protocol operation accurate prediction of the round-trip time 
is important. 
When sWitching data packets into a neW route, such as at 

channel type sWitching, handover or radio cell update col 
lectively referred to as route sWitching Within this patent 
application, there is a risk of loosing data transmitted to 
buffers of the old route. Such route sWitching is frequent 
particularly in high-speed mobile communications netWork, 
Where the user equipment is moved betWeen radio cells 
during data transmission/reception. One solution could be to 
transfer all data related to a connection from the buffers of 
the old route to buffers of the neW route. HoWever, this 
Would require processing and signaling, introducing addi 
tional time delay. A preferred solution according to the 
invention is to distribute a balanced amount of data to the 
various buffers such that upon route sWitching the data of the 
old buffers can be discarded, and to recover data by an 
existing retransmission protocol, retransmitting the data into 
buffers of the neW route, resulting in a need to retransmit 
only small amounts of data due to route sWitching. Thereby, 
system load, delay and latency Will not increase severely. 
This can be achieved by distributing a thoroughly deter 
mined amount of data to the buffers, in accordance With the 
invention. 

FIGS. 8, 9 and 10 shoW a sending end and a receiving end 
of a loop comprising ?oW control for route sWitching 
according to the invention. The respective sending and 
receiving ends comprise a sending buffer >>Source data 
bulfer<< and a receiving buffer >>Queue<<. The receiving 
bulfer can correspond to a channel or a channel type Within 
a radio communications system. BetWeen the sender and 
receiver there is a round-trip time delay, RTT. Consequently, 
if a control message 2, 4, 6 is transmitted from the receiver 
to the sender, a response to the control message from the 
sender cannot reach the receiver until a time of RTT has 
passed. Preferred embodiments of the sender and receiver 
entities according to the invention include prediction and 
How control elements, Which are best understood in con 
nection With, but not limited to, an algorithm described in 
relation to FIG. 13. 

In relation to FIG. 3, the sending and receiving buffers of 
FIGS. 8, 9 and 10 can be MAC-d and MAC-c/-sh respec 
tively. With reference to FIG. 4, the sending and receiving 
buffers can be MAC-d and MAC-hs respectively. The sender 
and receiver of FIGS. 8, 9 and 10 can also be corresponding 
protocol entities of eg an RNC and UE or a Node B and a 
UE. This invention applies to sender-receiver relationships 
involving buffers and How control, irrespective of Whether 
there are single or multiple loops, if loops are cascaded or if 
there are inner and outer loops. 

FIGS. 11 and 12 each shoWs tWo alternative routes from 
a sending end >>Sender<<, the respective routes comprising 
different receiving ends >>Receiver A<<, >>Receiver B<< 
and loops comprising ?oW control for route sWitching for 
the embodiments of the invention as illustrated in FIGS. 8 
and 9, respectively. The corresponding alternative routes for 
the embodiment shoWn in FIG. 10 is immediate, knoWing 



US 7,382,732 B2 
9 

FIGS. 8 and 9. Round-trip times >>RTT A<<, >>RTT B<< 
of the respective loops are not necessarily identical. If a 
connection at one moment is over Receiver A, data packets 
are transferred from a buffer >>Source data bulfer<< of 
Sender to a buffer >>Queue A<< of Receiver A. ReceiverA 
communicates control messages 2a, 4a to the sender. These 
control messages correspond to control messages 2 in FIGS. 
8 and 4 in FIG. 9 respectively. If, e.g., ReceiverA is an entity 
of BS 1/Node B 1 of FIG. 6, Receiver B is an entity of BS 
2/Node B 2 and Sender is an entity of RNC of FIG. 6, a 
change of route connecting UE and RNC from being over 
Receiver A to being over Receiver B at handover from Node 
B 1 to Node B 2 Will result in the route RNC-Node B 2-UE. 
This route is the one illustrated in FIG. 1. As previously 
described, there could also be a number of other situations 
leading to a route sWitch, sWitching from a route involving 
one receiver/channel >>Receiver A<< to a route involving 
another receiver/channel >>Receiver B<<. According to the 
invention there is no need to keep track of and forWard the 
user content of buffer >>Queue A<< to the buffer >>Queue 
B<<, When a route is sWitched from Receiver A to Receiver 
B. It Will be retransmitted by Sender. The increase in system 
load and latency could be substantial if there Were a large 
amount of data related to a user, for Which a route is 
sWitched, if this data Was discarded and Would be needed to 
transmit aneW from >>Sender<<, but noW to >>Receiver 
B<<, particularly if such route sWitches are frequent, Which 
e.g. is the case for users moving sWiftly in relation to cell 
siZe. As nonexclusive examples, cellular systems for high 
data rates are likely to use small cell siZes, as are cellular 
systems in croWded areas. It Will be described in further 
detail in relation to FIG. 13, hoW system load and latency 
can be kept at a minimum using appropriate ?oW control. 
FIG. 11 Will be described in further detail in relation to FIG. 
13 beloW. 

FIG. 13 illustrates a predictive ?oW control for route 
sWitching versus time to keep queues at an appropriate level, 
according to the invention. Credits, C(t), for a particular 
channel or receiving bulfer are calculated from predictions 
of traf?c, existing amount of queued data in channel/receiv 
ing buffer and credits outstanding according to 

cw), if can 5 6(1) 
C(r) = 

otherwise 6(1). 

Where 

6(1) = NW0 + Tm. r + Tm + Tm). 

Cw) = NW0. 1 + Tm + TM) — Q(I) — 

C(r — (n + new). 

nelnzmnTprohgTmT} 

N (t,t+TRTI+T roh) is the at time t predicted number of 
Wed P 

packets that Will be sent further during the next time period 
of T R TIA-TWO h, i.e. the predicted number of packets that Will 
be transmitted on the channel/to the buffer during prediction 
time interval [t, t+TRTI+TP,Oh]. Correspondingly, Npred(t+ 
T R Tpt+T R TT+TP,0h) is the at time t predicted number of 
packets that Will be transmitted on the channel/to the buffer 
during prediction time interval [t+TRT1, t+TRTI+TP,0h]. Q(t) 
is the queue length in receiving buffer at time t and 
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10 
End”;O:nTpmh;TBU}C§t—(n+l)Tp,0h) is the'sum of all credits 
g1ven dur1ng time interval [t—TRT1,t], 1.e. dur1ng a time 
period of TRTT preceding the point in time for prediction. 

In FIG. 13, a How control prohibit time Tproh determines 
the time instances of transmission of control messages. 
When a control message With credits has been transmitted 
from the receiver/ channel to the source/ sender, no neW 
control message With neW credits for the same source/ sender 
Will be transmitted until the prohibit time has elapsed. In 
FIG. 13, the present time instance for transmission of a 
control message is time t. An earlier time instance t-TProh 
and future time instances for transmission of control mes 
sages t+TP,0h, t+2Tp,0h, . . . are also indicated. Communi 
cations betWeen the receiver buffer and source/ sender buffer 
is subject to a round-trip time, TRTZ, corresponding to 
propagation time delay, back and forth, and processing time. 
The prohibit time, Tproh, is preferably selected, such that the 
round-trip time, TRTT is an integer multiple thereof, i.e. 
T R TTInTPw h, e. g. T R TT:3TP,0 h. The shorter the prohibit time 
selected (and the greater the integer, for a ?xed round-trip 
time) the shorter the queue length at the receiving end. 
Consequently, the prediction time interval comprises the 
round-trip time, TRTZ, and the prohibit time, Tproh. At time 
t, this prediction interval is [t, t+TRTI+TP,0h]. Given a 
number of queued data packets of Q(t) at time t at the 
receiving end, this number of data packets remains to be 
processed and reduces the credit to give. Including the 
predicted number of data packets, requested for further 
transmission, and the number of credits outstanding Will end 
up in a predicted number of data packets to receive/transmit 
on the channel during the prediction interval. This predicted 
number of data packets Will form a credit C(t) representing 
an appropriate number of data packets for transmission from 
the sending buffer to the receiving bulfer during the next 
prohibit time interval, Tproh, not building up unnecessarily 
large queues in the receiving buffer. The prediction time 
frame slides as time passes so that the prediction time frame, 
as illustrated in FIG. 13, alWays starts at present time. 
As seen in FIG. 13, credits outstanding Will be consumed/ 

responded to from the sender/source Within the pre-diction 
time frame and reduce the credit that can be given at time t. 
For a fully utiliZed netWork, credits are preferably given 
such that the maximum queue length in the receiving buffer 
is close to an optimal level, Q0, at the beginning of the 
prohibit time intervals, or at a level close to Zero at the end 
of the prohibit time interval. If the level is set too loW, the 
netWork Will be underutilized and transmission resources 
Will be left unused. If the queue level is set too large, 
unnecessarily large amounts of data Will need to be retrans 
mitted from the sender to the neW receiver at a route sWitch 
and Will increase round-trip time excessively, as explained 
above. Limiting credits to C(t) Will guarantee that credits not 
larger than the predicted amount of data for the prohibit time 
interval Will be given. Though preferable, this limiting and 
its associated prediction are optional. 

Keeping the maximum queue siZe close to an optimal 
level, Q0, preferably being constant or only sloWly varying, 
reduces the variability of round-trip time of outer retrans 
mission loops and enables accurate prediction of the round 
trip time. Particularly, retransmission timers of outer loops 
can be set to smaller values thereby improving system 
performance. 

If a sending queue, such as >>Source data bulfer<< in 
FIGS. 8-12, has a large amount of packets/data, prediction of 
channel resources required for transmission can generally be 
estimated accurately for a su?iciently long time interval, 
also re?ecting different priorities for different sources When 
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prioritized transmission is used. Predictions formed from 
less information are subject to greater prediction errors. In 
those cases, predictions can be supported by historical mean 
rates. Further, if there is no history to take advantage of, eg 
at startup, estimation can be based on default values, guar 
anteed rate or maximum rate. Predictions can be performed 
in the sender end, the receiver end or both. The predicted 
number of packets that Will be sent further during the next 
prediction time interval of T R TIA-TWO h can be separated into 
tWo components representing a round-trip time interval, 
T R H, and an additional prohibit time interval, TP respec 
tively 

roh 3 

The time intervals are illustrated in FIG. 13. 

In FIGS. 8-12, information for predictions is transferred 
from Source data buffer to a Prediction entity >>Predic 
tion<< for data How control. According to a ?rst embodi 
ment, illustrated in FIGS. 8 and 11, the prediction is per 
formed in a How control entity >>FloW control<< at the 
sending end >>Sender<< and a predicted number of packets 
Npred is transferred, 1, 1a, 1b, from the prediction entity 
>>Prediction<< of Sender to the receiving entity 
>>Receiver<<, >>Receiver A<<, >>Receiver B<< for deter 
mination of credits in processing means >>Crediting<< of 
the respective receiver entities, to be transferred back, 2, 2a, 
2b to the sending entity >>Sender<<. According to an 
alternative embodiment, as shoWn in FIGS. 9 and 12, 
relevant sender parameters upon Which the prediction is 
based are transferred 3, 3a, 3b to the receiving entity, 
>>Receiver, for prediction of the number of packets, Npred, 
that Will be transmitted on the channel/to the buffer during 
the prediction time interval. In a third alternative embodi 
ment shoWn in FIG. 9, data is transferred from the receiver 
to the sender 5 upon request from the sender, 6 for deter 
mining credits at the sender, reciprocally to FIG. 9. Gener 
ally, less data needs to be transferred if credits are deter 
mined at the receiving end. This can be circumvented by 
calculating and transferring one or more parameters repre 
senting a plurality of parameters, such as the sum of Q(t) and 

zndngo'z?pmhéTRU}C(tT(n+l)TP,0h). Credits are determined 
on bas1s of the rece1ver queue length, Q, the pred1cted 
number of packets that Will be transmitted during the 
prediction time interval, Npred, and credits outstanding, 
zn'dngo'mrpmhéTRUECQ-(nf-l)TP,0h). The cred1ts are deter 
m1ned 1n a cred1t1ng ent1ty >>Cred1t1ng<< of FIGS. 8-12. 
For embodiments With this entity located to the receiving 
end, the credits are transferred 2, 2a, 2b, 4, 4a, 4b to the 
sending end and stored for a time corresponding to the 
pre-diction time frame in the receiving end, >>Receiver<<, 
>>Receiver A<<, >>Receiver B<<, for later crediting. The 
Source data bulfer receives signals from the How control 
entity >>FloW control<< of the Sender indicating amount of 
data >>Data<<, >>Data A<<, >>Data B<< to transfer to the 
receiving end, >>Receiver<<, >>Receiver A<<, >>Receiver 
B<<. 

If there are sources of different priority at the sending end, 
credit calculations are based on the entire queue length at the 
receiving end. If there are, e.g., receiving end channels of 
different priorities, there Will be different queues, and queue 
lengths considered, calculating credits for the respective 
channel priority classes. 

Preferably, all retransmission entities of the radio com 
munications system operate according to the invention for 
outstanding performance. HoWever, the invention can also 
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12 
be used in systems also including retransmission entities not 
operating according to the invention. 
A person skilled in the art readily understands that the 

receiver and transmitter properties of a BS or a UE are 
general in nature. The use of concepts such as BS, UE or 
RNC Within this patent application is not intended to limit 
the invention only to devices associated With acronyms used 
in this speci?cation. The invention concerns all devices 
operating correspondingly, or being obvious to adapt thereto 
by a person skilled in the art, in relation to the invention. As 
an explicit non-exclusive example the invention relates to 
mobile stations Without a subscriber identity module, SIM, 
as Well as user equipment including one or more SIMs. 

Further, protocols and layers are referred to in close relation 
With UMTS terminology. HoWever, this does not exclude 
applicability of the invention in other systems With other 
protocols and layers of similar functionality. 

The invention is not intended to be limited only to the 
embodiments described in detail above. Changes and modi 
?cations may be made Without departing from the invention. 
It covers all modi?cations Within the scope of the folloWing 
claims. 

The invention claimed is: 
1. A method of minimizing retransmission of data packets 

in a Wireless communications system, said method compris 
ing the step of: 

using a How control process for route sWitching, Wherein 
said How control process comprises signals carrying 
information on i) predicted amount of data to send or ii) 
information for estimation of amount of data to send, 
said signals being transmitted to a data receiver, 
Wherein credits for the How control for route sWitching 
are determined based upon at least one parameter 
selected from the group consisting of: 

credits outstanding; 
queue length; 
queue priority; and 
estimated amount of data to send Within a predetermined 

time frame; 
Wherein said credits are determined such that, for a given 

prediction time interval and a given prohibit time 
interval, the queue length at the beginning of the last 
prohibit time interval of the predetermined prediction 
time interval is close to a value being ?xed for a given 
duration of the prohibit time interval. 

2. The method recited in claim 1, Wherein the amount of 
data to send Within the pre-determined time-frame is esti 
mated as a function of at least one parameter selected from 
the group consisting of: 

historical data rate; 
historical mean data rate; 
maximum data rate of a scheduled channel; 
guaranteed data rate; and 
default data rate. 
3. The method recited in claim 1, Wherein said credits are 

determined such that, for a speci?ed time frame, the queue 
length is minimiZed at the end of said time frame. 

4. The method recited in claim 1, Wherein credits are 
limited to an estimated amount of data to send Within a time 
frame comprising a prohibit time interval, starting at a time 
ahead corresponding to at least a round-trip time of a 
sender-receiver relationship. 

5. The method recited in claim 1, Wherein When route 
sWitching from an old route to a neW route, user data in a 
queue of the old route is discarded and retransmitted over the 
neW route. 
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6. The method recited in claim 1, Wherein the route 
includes a protocol entity selected from the group consisting 
of: 

a MAC protocol layer; 
a MAC-d protocol layer; 
a MAC-c/-sh protocol layer; 
a MAC-hs protocol layer; and 
a hybrid ARQ protocol. 
7. The method recited in claim 1, Wherein the route 

includes a radio netWork controller of a radio communica 
tions system. 

8. The method recited in claim 1, Wherein the route 
includes a Node B or a base station of a radio communica 
tions system. 

9. The method recited in claim 1, Wherein the route 
switching process is selected from the group consisting of: 

channel sWitching; 
channel type sWitching; 
handover; and 
radio cell update. 
10. The method recited in claim 1, Wherein said method 

of minimiZing retransmission comprises one or more outer 
retransmission loops. 

11. The method recited in claim 10, Wherein credits are 
determined to minimiZe round trip variability of said one or 
more outer retransmission loops. 

12. The method recited in claim 1, Wherein said method 
of minimiZing retransmission comprises one or more inner 
retransmission loops. 

13. The method recited in claim 1, Wherein said method 
of minimiZing retransmission comprises tWo or more cas 
caded retransmission loops. 

14. A netWork element in a Wireless communications 
system for minimiZing retransmission of data packets, said 
netWork element comprising: 

means for using a How control process for route sWitch 
ing, Wherein said How control process comprises sig 
nals carrying information on i) predicted amount of 
data to send or ii) information for estimation of amount 
of data to send, said signals being transmitted to a data 
receiver, Wherein credits for the How control for route 
sWitching are determined based upon at least one 
parameter selected from the group consisting of: 

credits outstanding; 
queue length; 
queue priority; 
estimated amount of data to send Within a predetermined 

time frame; 
historical data rate; 
historical mean data rate; 
maximum data rate of a scheduled channel; 
guaranteed data rate; and 
default data rate; and 
processing means for determining credits such that, for a 

given time-frame, queue length at the end of the 
time-frame is minimized; 

Wherein the processing means for determining credits 
determines credits such that, for a given prediction 
time-frame and a given prohibit time interval, queue 
length at the beginning of the last prohibit time interval 
of the predetermined prediction time-frame is close to 
a value being ?xed for a given duration of the prohibit 
time interval. 

15. The netWork element recited in claim 14, Wherein the 
processing means for determining credits determines credits 
such that they are limited to an estimated amount of data to 
send Within a time frame comprising a prohibit time interval, 
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starting at a time ahead corresponding to at least a round-trip 
time of a sender-receiver relationship. 

16. The netWork element recited in claim 14, Wherein 
When route sWitching from an old route to a neW route, user 
data in a queue of the old route is discarded and retrans 
mitted over the neW route. 

17. The netWork element recited in claim 14, Wherein the 
route includes a protocol entity selected from the group 
consisting of: 

a MAC protocol layer; 
a MAC-d protocol layer; 
a MAC-c/-sh protocol layer; 
a MAC-hs protocol layer; and 
a hybrid ARQ protocol. 
18. The netWork element recited in claim 14, Wherein the 

route includes a radio netWork controller of a radio com 
munications system. 

19. The netWork element recited in claim 14, Wherein the 
route includes a Node B or a base station of a radio 

communications system. 
20. The netWork element recited in claim 14, Wherein the 

route sWitching process is selected from the group consisting 
of: 

channel sWitching; 
channel type sWitching; 
handover; and 
radio cell update. 
21. The netWork element recited in claim 14 Wherein said 

retransmission comprises one or more outer retransmission 
loops. 

22. The method recited in claim 21, Wherein credits are 
determined to minimize round trip variability of said one or 
more outer retransmission loops. 

23. The netWork element recited in claim 14, Wherein said 
retransmission comprises one or more inner retransmission 
loops. 

24. The netWork element recited in claim 14, Wherein said 
retransmission comprises tWo or more cascaded retransmis 
sion loops. 

25. A method of minimiZing retransmission of data pack 
ets in a Wireless communications system, said method 
comprising the step of: 

using a How control process for route sWitching, Wherein 
said How control process comprises signals carrying 
information on i) predicted amount of data to send or ii) 
information for estimation of amount of data to send, 
said signals being transmitted to a data receiver, 
Wherein credits for the How control for route sWitching 
are determined based upon at least one parameter 
selected from the group consisting of: 

credits outstanding; 
queue length; 
queue priority; and 
estimated amount of data to send Within a predetermined 

time frame; 
Wherein credits are limited to an estimated amount of data 

to send Within a time frame comprising a prohibit time 
interval, starting at a time ahead corresponding to at 
least a round-trip time of a sender-receiver relationship. 

26. A netWork element in a Wireless communications 
system for minimiZing retransmission of data packets, said 
netWork element comprising: 
means for using a How control process for route sWitch 

ing, Wherein said How control process comprises sig 
nals carrying information on i) predicted amount of 
data to send or ii) information for estimation of amount 
of data to send, said signals being transmitted to a data 
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receiver, Wherein credits for the How control for route 
switching are determined based upon at least one 
parameter selected from the group consisting of: 

credits outstanding; 
queue length; 5 
queue priority; 
estimated amount of data to send Within a predetermined 

time frame; 
historical data rate; 
historical mean data rate; 10 
maximum data rate of a scheduled channel; 
guaranteed data rate; and 

16 
default data rate; and 
processing means for determining credits such that, for a 

given time-frame, queue length at the end of the 
time-frame is minimized; 

Wherein the processing means for determining credits 
determines credits such that they are limited to an 
estimated amount of data to send Within a time frame 
comprising a prohibit time interval, starting at a time 
ahead corresponding to at least a round-trip time of a 
sender-receiver relationship. 

* * * * * 


